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Priority is claimed to provisional application 

SERIAL NO. 60/129,800, FILED APRIL 16, 1999 

ANTI-ALIASED CLIPPING BY BAND-LIMITED 
MODULATION WITH STEP FUNCTIONS 

BACKGROUND 

1 . Field of the Invention. 

The invention relates to the clipping of audio signals in the digital 

domain. 

2. Prior Art. 

Audio signals are frequently clipped at a positive and a negative 
threshold particularly in the broadcast field to prevent overmodulation of the 
transmitter, which is ordinarily defined by government regulation. In most 
instances, the "clippings" (that is the signal that remains above or below a 
threshold) are used in subsequent processing. Sometimes, even when 
some subsequent processing is done in the digital domain, the clipping itself 
is performed in the analog domain. Simple clipping in the digital domain 
(defined as setting to the positive or negative threshold of clipping any 
sample that exceeds the respective threshold of clipping) introduces 
additional distortion in the form of aliasing and jitter, thus the use of clipping 
in the analog domain has persisted. 
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The use of "clippings" for signal processing is described in U.S. 
Patent 5,737,434 entitled "Multi-Band Audio Compressor with Look-Ahead 
Clipper" and U.S. patent application serial no. 09,216,345, filed 12/18/98, 
entitled "Oversampled Differential Clipper." 

If the subsequent processing of the "clippings" consists only of linear 
operations like summation and linear filtering (which is typically true), it 
should be particularly noted that anti-aliasing the "clippings" then completely 
anti-aliases subsequent processing using the "clippings," because the 
"clippings" contain all of the non-linear spectrum added by this processing to 
the unprocessed signal. 



SUMMARY OF THE INVENTION 

A method for computing the anti-aliased "clippings" of a bandlimited 
signal in the digital domain is described. Values of a predetermined 
threshold are subtracted from each sample of the signal to provide an offset 
signal. The offset signal is multiplied by a pulse consisting of the sum of a 
first bandlimited step and a second bandlimited step where the second 
bandlimited step occurs in a direction opposite to the first step. The resulting 
anti-aliased "clippings" can be used to produce an anti-aliased clipped signal 
or for the anti-aliasing of other signal processing as described in U.S. Patent 
5,737,434 entitled "Multi-Band Audio Compressor with Look-Ahead Clipper" 
and U.S. patent application serial no. 09/ 216,356, filed 12/18/98, entitled 
"Oversampled Differential Clipper" and assigned to the assignee of the 
present invention. For example, to produce an anti-aliased clipped signal, 
the anti-aliased "clippings" are subtracted from the undipped signal. With 
appropriate additional filtering of the anti-aliased "clippings," they can also 
be used to create an anti-aliased overshoot compensator, such as that 
described in U.S. Patent #4,460,871 , entitled "Overshoot Protection Circuit," 
or to produce a distortion-canceling clipper such as that described in U.S. 
Patent #4,208,548, entitled "Smart Clipper." 
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BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 illustrates the steps of the present invention. 

Figure 2 is a graph illustrating a pulse, undipped analog signal and 
an error signal, said error signal representing the "clippings." 

Figure 3 is a diagram used to illustrate locating the threshold between 
samples of the analog signal. 

Figure 4 illustrates the error signal of 15kHz clipped 4dB with no anti- 
aliasing. 

Figure 5 illustrates the error signal of 15kHz clipped 4dB where two 
points are used for the anti-aliasing as taught by the present invention. 

Figure 6 illustrates the error signal of 15kHz clipped 4dB where four 
points are used for the anti-aliasing as taught by the present invention. 

Figure 7 illustrates the dominant alias components for the cases 
shown in Figures 4, 5 and 6 above, as a function of frequency. 

Figure 8 illustrates the dominant aliasing components for the cases 
shown in Figures 4, 5 and 6 above, as a function of the amount of clipping 
expressed in dB. 
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DETAILED DESCRIPTION OF THE PRESENT INVENTON 



In the following description, derivation of the "clippings" (also called 
the "error signal" below) is modeled as a process in which an offset version 
of the undipped analog signal is multiplied by step functions defining a 
pulse. Anti-aliasing and jitter reduction by bandlimiting the step functions 
are achieved. In part this occurs by resampling the step functions to align 
them with the true time of transition between clipping and non-clipping. To 
this end, in the following description numerous specific details are set forth, 
such as specific frequencies. It will be apparent to one skilled in the art that 
the present invention may be practiced without these specific details. In 
other instances, well-known processes and circuits have not been disclosed 
in detail in order not to obscure the present invention. 

Referring first to Figure 1 , steps of the present invention are shown 
with details of each step described later below. In step 10 an offset signal 
29 (shown in Figure 2) is found by subtracting the value of a predetermined 
clipping threshold from each of the samples of a bandlimited analog signal 
20. Referring briefly to Figure 2 the analog signal 20 is shown which 
typically is a bandlimited sampled, undipped signal (e.g., 0 - 15kHz). In one 
embodiment the positive-going portions of this signal are offset by a 
predetermined threshold of -1 , shown by line 21 . The samples of the analog 
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signal 20 that exceed line 22 represent the offset signal. An offset signal is 
also found by offsetting to, for instance, +1 for the negative portions of the 
analog signal to obtain a negative offset. These offsets represent the 
threshold of clipping and are used to permit the multiplication by the pulse 
23 (shown in Figure 2) to yield the error signal 26, as will be discussed. 
There are also negative-going error signals not shown. 

The points at which the analog signal crosses line 22 most likely will 
not line up precisely with samples of the analog signal 20. As will be 
described in conjunction with Figure 3, the placement of this crossing 
between the samples is determined each time the analog signal crosses line 
22 and the equivalent line for the negative portions of the signal. This is 
shown by step 12 of the Figure 1 . 

The offset signal is modulated by the pulse 23 by multiplying these 
two signals. This pulse is made up of a summation a pair of step functions, 
positive-going step function 27 and negative-going step function 28. (In fact, 
the first step function 27 goes from 0 to 1 and the second step function goes 
from 0 to -1 , so that their sum yields the pulse 23.) These step functions are 
bandlimited and are defined by integrating the impulse response of a finite 
impulse response (FIR) filter having band limits as shown by step 14. 
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Next, as shown by step 16, mathematical expressions are developed 
that approximate the step functions. These expressions allow, in effect, 
resampling of the step functions so that the step functions can be aligned in 
time with the actual samples representing the analog signal. This is shown 
by step 1 8. 

Finally, as shown in Figure 1 by step 19, the offset signal is multiplied 
by the adjusted pulse to obtain a product, the error signal 26 shown in 
Figure 2. 

The present invention relies on amplitude modulation theory in that 
the bandwidth of the product of two bandlimited signals is equal to the sum 
of their bandwidths. This is true because one signal creates symmetrical 
positive and negative sidebands around each Fourier component of the 
other signal. The undipped analog signal is limited to a small bandwidth by 
comparison to its Nyquist frequency. (In one embodiment, the Nyquist 
frequency is 256kHz and the bandwidth of the analog signal is 15kHz.) 
Therefore, if the pulse is bandlimited to 256-30kHz, or 226 kHz, there will 
theoretically be no aliasing. This example illustrates that it is possible to 
permit the transition region of the filter in 14 to alias around 128kHz (the 
Nyquist frequency) back to 30kHz. The subsequent multiplication of the 
band-limited step function by the undipped signal will create a lower 
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sideband 15kHz wide extending from 15kHz to 30kHz. Thus the sideband 
does not encroach into the 0 to 15kHz baseband, and aliasing is prevented. 

The pulse 23 of Figure 2 can be looked at as the superposition of two 
step functions, one going from 0 to + 1 and the other, later, function going 
from 0 to -1 . A bandlimited step function can be created by numerically 
integrating the impulse response of an FIR filter with a passband from 0 to 
15kHz and a stopband from 226 to 256kHz. Such a filter can be realized 
with the standard McClellan-Parks-Rabiner (MPR) algorithm and with a 
7-tap impulse response. Upon numerical integration the corresponding step 
response is 

{0, -0.0171, -0.0344, 0.1078, 0.5, 0.8922, 1.0344, 1.0171, 1}(1) 
This step response of a phase-linear filter is antimetric around its center 
value of 0.5. 

While it may appear that simply replacing the pulse waveform with the 
step response in Eq.(1) would adequately anti-alias the clipper, there is 
another source of undesired spectrum. If the edges of the pulse are lined up 
with the zero-valued samples on either side of a non-zero part of the error 
signal, the width of the pulse will depend on the time relationship between 
the sample clock and the material being clipped. For a sine wave, the width 
of the pulse is likely to change with each cycle. This is a form of jitter, which 
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causes frequency modulation of the error signal that adds undesired 
sidebands. This is not, strictly speaking, "aliasing," but has a similar 
undesirable effect. Therefore, to ensure spectral purity, more must be done 
than simply bandlimit the pulse wave. 

To eliminate jitter, it is necessary to align the center of the step 
response with the true threshold of clipping, which usually occurs between 
samples, as mentioned. The technique of linear interpolation can be used, 
although other, more expensive methods of interpolation (like Lagrange 
interpolation) could alternatively be used to improve accuracy. 

In the case of linear interpolation, assume the undipped signal has a pair 
of samples, a and b, as shown in Figure 3, corresponding to a pair of 
samples that bound or bracket the threshold, that are connected with a 
straight line. The slope of the line is (b - a)/1 , and the equation describing 
the line in rectangular coordinates is y = (b - a)x + a. Assume further the 
threshold of clipping is ± 1, depending of whether b is positive or negative. 
To solve for x when y is at the threshold of clipping, the results is 



Unfortunately, this requires one divide operation, which is expensive in 
most DSPs. However, it is the only operation in the algorithm that is not a 
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compare, add, or multiply. The placement of the threshold is shown in 
Figure 3 at line 30 along with the value 31 after clipping. 

The problem is to derive a method to line up the center of the step 
response at exactly point x. To do this, a polynomial expression is fitted to 
the step response in Eq.(1). Because the step response is antimetric, all the 
even-order polynomial coefficients equal zero. The following polynomial, 
obtained by a least-squares fit, provides a good interpolation from -3 to +3: 
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0.5 + 0.44958667Z - 0.061 80222z 3 + 0.0045369444Z 5 -0.0001 21 3889z 7 
Computationally, this is most efficiently realized as 
0.5 + (+0.4495867+(-0.061 80222+(0.00453694440.0001 21 3889zs)zs)zs) 
where zs = z 2 . 

The polynomial is not very well behaved -4=x < -3 and 3 <x<_4. 
Therefore a linear interpolation is used in these regions. 

Once the interpolated value of x in Eq.(2) are known, it is easy to 
compute the necessary values of z to insert into Eq.(3). For example, if x = 
0.7, then the four positive-time samples occur at z = 0.3, 1 .3, 2.3, and 3.3, 
and the four negative-time samples occur at z = -0.7, -1 .7, -2.7, and -3.7. 
The general formula for the positive-time samples is z = n + (1 - x), n = 0, 1 , 
2, 3 and the general formula for the negative-time samples is z = -(n + x), n 
= 0,-1,-2, -3. 

The process described above replaces four samples above and four 
samples below the transition between clipping and no-clipping. This means 
that, for higher frequencies, there is sometimes considerable overlap 
between the added samples associated with the various zero crossings of 
the error signal. (It is important to code the algorithm in such a way that 
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overlaps are added instead of having a later step response truncate an 
earlier one.) Experiments have been calculated where the process is time- 
compressed by a factor of two. In other words, replace two samples above 
and two samples below the zero crossing, and replace z in Eq.(3) by 2z. 
This halves the rise time of the step function. Simulation revealed that this 
operation did not cause any loss of anti-aliasing and, in fact, improved it 
somewhat for higher sinewave frequencies. Because it reduces the 
necessary computation and reduces the need to account for overlaps, it is 
used for a modified algorithm instead of the one discussed above. 

Replacing z by 2zin Eq.(3) results in a new polynomial. 
0.5 + 0.8991 72z- 0.49441 76Z 3 +0.14518208Z 5 -0.015537664Z 7 . (5) 

This is valid for -1 .5 <_z <_1 .5. Outside that range, linear interpolation is 
used. 

It should be noted that for each half-cycle of clipping the steps for 
determining the placement in time of the threshold between the samples and 
computing the values of the step functions using this placement is actually 
performed twice. Specifically, once for the leading edge of the error signal 
and once for the trailing edge. The two step functions are different: the step 
function at the leading edge goes from 0 to +1 and the step function at the 
trailing edge from 0 to -1 (this is derived by multiplying every sample in the 0 



13 



to +1 step function by -1). After summing the two step functions, a pulse 
function that goes from 0 to some maximum positive value and then back to 
0 is obtained. If the width of the error signal is small, the resultant pulse, 
although always symmetrical, may never reach a value of +1 at its center. 
This is consistent with what occurs if a narrow pulse were to be passed 
through an anti-aliasing filter prior to an analog-to-digital conversion. 

While the discussion above contemplates a computation, in another 
embodiment a look-up table representing the step function is used. In one 
embodiment, this table has 64 elements and provides 16 bins between each 
sample. The table is derived from the numerical integration of the impulse 
response (tap values) of a length 129 symmetrical FIR lowpass filter, 
computed assuming an 8192kHz-sample frequency. To get the 64 elements 
in the table, the integration occurs by summing two FIR taps per table 
element to the integrand, where the value stored in bin #1 is the sum of the 
first two taps of the generating FIR filter. 

To generalize, if four-sample anti-aliasing is used and the desired 
length of the table is nt, then the length of the generating FIR filter is (2 nt + 
1) and it must be designed for a sampling frequency of (0.5 nt fs) where fs is 
the sampling frequency of the unprocessed audio, (fs = 256kHz in our 
example.) 
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First, again the determination is made of the placement of the 
threshold between the samples of the analog signal that bound the 
threshold by interpolation as discussed above. Then, the look-up table is 
lined up so that its center bin is centered on the computed threshold: "x" in 
Fig. 3. It is then determined which four bins line up with the four samples 
straddling the threshold. The values are read in these bins from the lookup 
table, and we multiply the four samples by these values. In our example, 
the four bins will each be 16 bins apart. The look-up table therefore actually 
represents a resampling and subsequent subsampling of the oversampled 
step function stored in the table. For example, if one chooses samples in 
the table that are 1 6 samples apart, this represents sub-sampling of the 
original L = 1 29 generating FIR filter by 32x. This will cause the frequency 
response of the generating filter to alias. In the example above, the 
stopband of the generating filter extends from 226kHz to 4096kHz. After 
32x subsampling, the filter's stopband will fold around itself 32 times. When 
this occurs, the edge of the stop band will alias to 30kHz because the 
sample frequency is 256kHz and 226kHz aliases to 30kHz in a 256kHz- 
sample frequency system. The stopband will therefore contain modulation 
sidebands to the 15-30kHz frequency range, protecting the 0 to 15kHz 
range, which is what is desired. 
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It should also be noted that the above method may be applied to an 
oversampled clipper. In this event, aliasing occurring above the 15kHz 
bandpass is acceptable because all this energy will eventually be removed 
during the downsampling — for example, from 256kHz back to 32kHz. This 
oversampling clipper technology is discussed in U.S. patent application 
serial no. 09,216,345, filed 12/18/98, entitled "Oversampled Differential 
Clipper." 

Very approximately, the technique using four-sample interpolation 
(two samples above and two below the zero crossing) is twice as effective 
(on a dB scale) as a two-sample interpolation technique. Figures 4, 5 and 6, 
respectively below show spectrograms for a 15kHz sinewave clipped 4dB for 
no anti-aliasing, two-sample anti-aliasing using the preferred technique, and 
four-sample anti-aliasing using the preferred technique. Only spurious 
spectrum below 15kHz is of interest, because all other spectrum will be 
removed in the course of downsampling from 256kHz to 32kHz sample rate. 

Continuing our example where the ultimate system sample frequency 
is 32kHz (after downsampling from 256kHz), ringing in the error signal 
occurs in the time domain after the system reconstruction filter. This is the 
familiar Gibbs' phenomenon and is consistent with the results of sampling a 
signal at 32kHz that was originally clipped in the analog domain, assuming 
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that a correct anti-aliasing filter was used before the sampler. This is 
because the clipped analog signal contains frequencies above 1 6kHz, and 
the anti-aliasing filter will remove some of these, causing overshoot due to 
spectral truncation. Overshoot compensation used in typical broadcast 
processing systems deals with this. 

Figures 7 and 8 show the relative performance of the two-sample and 
four-sample anti-aliasing algorithms as compared to no anti-aliasing. Figure 
7 shows aliasing as a function of frequency with a constant clipping depth of 
4dB. The sample rate is assumed to be 256kHz. 

Figure 8 shows anti-aliasing as a function of clipping depth for 
14,900kHz with reference to 256kHz sample rate. In Figures 7 and 8 it is 
interesting to note that the performance of the algorithms is extremely 
non-monotonic. Because of the non-linearity of the processing, this is not 
particularly surprising. In particular, at 6400Hz the zero crossings of the 
error signal align exactly with the samples, because there is no aliasing at all 
at this frequency and clipping depth. 

The above described method is realizable using digital signal 
processing/DSP circuits. For a block of 16 samples at 512kHz sample rate, 
for example, two operations (corresponding to two zero crossings) will be 
needed frequently, while three operations will be needed on approximately 
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0.02% of the blocks. The algorithm can therefore safely be coded by 
allocating enough DSP resources to two operations per block, as the failure 
to anti-alias 0.02% of the zero crossings will have no material effect on 
performance. 

The four-sample technique is currently preferred to the two-sample 
technique because simulation reveals that it is roughly twice as effective 
over a wide variety of clipping depths and frequencies. At 256kHz sample 
rate, the four point technique is approximately as effective as a sample rate 
of 5 to 10MHz without anti-aliasing. 

Further, "anti-aliasing" is not a strictly accurate description of the 
effect of either algorithm. They also reduce the effect of sample-induced 
jitter because, in a sample-data clipper, the true threshold of clipping is 
constantly changing with respect to the samples. 

Thus, a method for computing anti-aliased "clippings" in the digital 
domain has been disclosed. 
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CLAIMS 

What is claimed is: 

1 . A method for computing the "clippings" of a bandlimited analog 
signal in the digital domain comprising: 

subtracting values of a predetermined threshold from each sample of 
the analog signal to provide an offset signal; and, 

multiplying the offset signal by a pulse having a bandlimited first step 
and a bandlimited second step occurring in the opposite sense to the first 
step. 

2. The method defined by claim 1 including the step of aligning in 
time the offset signal and the pulse. 

3. The method defined by claim 1 wherein positive and negative 
predetermined thresholds are used to provide a positive and a negative 
offset signal which are multiplied by a pulse. 

4. A method for computing the "clippings" of a bandlimited analog 
signal in the digital domain comprising the steps of: 
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providing a pair of bandlimited step functions, one positive-going and one 
negative-going; 

summing the two step functions to produce a pulse function; 

subtracting the value of a predetermined clipping threshold from each of 
the samples of the analog signal to produce an offset signal; and 

multiplying the offset signal and the pulse function. 

5. The method defined by claim 4 wherein the pulse function has 
a duration approximately equal to the time that the analog signal exceeds 
the predetermined threshold. 

6. The method defined by claim 5 wherein the step function is 
provided by numerically integrating the impulse response of an oversampled 
finite impulse response filter with an oversampled ratio of r. 

7. The method defined by claim 6 wherein the filter has a 
bandpass approximately equal to the bandwidth of the analog signal (fp) and 
a stopband that starts at approximately fs-2*fp (where fe is the sampling 
frequency of the offset signal) and stops at the Nyquist frequency of the 
oversampled finite impulse response filter, 0.5*r*fe. 
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8. The method defined by claim 4 including a step of lining up in 
time the samples of the analog signal and the pulse function for the 
multiplication step. 

9. The method defined by claim 8 wherein the lining up step 
comprises: 

developing an expression for each of the step functions; and 
determining the placement in time of the threshold between samples of 
the analog signal that bound the threshold by interpolation between the 
samples for both the positive-going and negative-going step function. 

10. The method defined by claim 8 wherein the lining up step 
comprises: 

storing values representing the step functions; 

determining the placement of the threshold between samples of the 
analog signal that bound the threshold by interpolation between the samples 
bounding the threshold. 
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11. A method for computing the "clippings" of a bandlimited analog 
signal in the digital domain comprising the steps of: 

providing a pair of bandlimited step functions, one positive-going and one 
negative-going; 

developing an expression for each of the functions; 

summing the two step functions to produce a pulse function; 

subtracting the value of a predetermined clipping threshold from each of 
the samples of the analog signal to produce an offset signal; 

determining the placement in time of the threshold between samples of 
the analog signal that bound the threshold by interpolation between the 
samples for both the positive-going and negative-going step function, and 

multiplying the offset signal and the pulse function. 

12. A method for computing the "clippings" of a bandlimited analog 
signal in the digital domain comprising the steps of: 

providing a pair of bandlimited step functions, one positive-going and one 
negative-going; 

storing values representing the step functions; 

summing the two step functions to produce a pulse function; 



22 



subtracting the value of a predetermined clipping threshold from each of 
the samples of the analog signal to produce an offset signal; 

determining the placement of the threshold between samples of the 
analog signal that bound the threshold by interpolation between the samples 
bounding the threshold, and 

multiplying the offset signal and the pulse function. 
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ABSTRACT OF THE DISCLOSURE 

A method for computing the "clippings" of an audio signal in the digital 
domain to prevent aliasing is disclosed. An offset signal is found by 
subtracting a threshold from samples of the audio signal. These are 
multiplied by a pulse after the pulse is lined up in time with the crossing of 
the audio signal at the threshold. The pulse is the sum of two step 
functions, both of which are bandwidth-limited. 
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Attorney's Docket No.: 0Q2860.P028 Patent 
DECLARATION AND POWER OF ATTORNEY FOR PATENT APPLICATION 



As a below named inventor, I hereby declare that: 

My residence, post office address and citizenship are as stated below, next to my name. 

1 believe I am the original, first, and sole inventor (if only one name is listed below) or an original, 
first, and joint inventor (if plural names are listed below) of the subject matter which is claimed and 
for which a patent is sought on the invention entitled 

ANTI-ALIASED CLIPPING BY BAND-LIMITED MODULATION WITH STEP FUNCTIONS 
the specification of which 

XX is attached hereto. 

was filed on . as 

United States Application Number 

or PCT International Application Number 

and was amended on ■ 

(if applicable) 

I hereby state that I have reviewed and understand the contents of the above-identified 
specification, including the claim(s), as amended by any amendment referred to above. I do not 
know and do not believe that the claimed invention was ever known or used in the United States of 
America before my invention thereof, or patented or described in any printed publication in any 
country before my invention thereof or more than one year prior to this application, that the same 
was not in public use or on sale in the United States of America more than one year prior to this 
application, and that the invention has not been patented or made the subject of an inventor's 
certificate issued before the date of this application in any country foreign to the United States of 
America on an application filed by me or my legal representatives or assigns more than twelve 
months (for a utility patent application) or six months (for a design patent application) prior to this 
application. 

I acknowledge the duty to disclose all information known to me to be material to patentability as 
defined in Title 37, Code of Federal Regulations, Section 1.56. 

I hereby claim foreign priority benefits under Title 35, United States Code, Section 119(a)-(d), of any 
foreign application(s) for patent or inventor's certificate listed below and have also identified below 
any foreign application for patent or inventor's certificate having a filing date before that of the 
application on which priority is claimed: 
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Prior Forpinn ADDlicationfs) 






Priority 
Claimed 


(Number) 


(Country) 


(Day/Month/Year Filed) 


Yes No 


(Number) 


(Country) 


(Day/Month/Year Filed) 


Yes No 


(Number) 


(Country) 


(Day/Month/Year Filed) 


Yes No 



I hereby claim the benefit under title 35, United States Code, Section 1 19(e) of any United States 
provisional appiication(s) listed below: 



60/129.800 04/16/1999 

(Application Number) Filing Date 



(Application Number) Filing Date 



I hereby claim the benefit under Title 35, United States Code, Section 120 of any United States 
application(s) listed below and, insofar as the subject matter of each of the claims of this application 
is not disclosed in the prior United States application in the manner provided by the first paragraph 
of Title 35, United States Code, Section 1 12, 1 acknowledge the duty to disclose all information 
known to me to be material to patentability as defined in Title 37, Code of Federal Regulations, 
Section 1.56 which became available between the filing date of the prior application and the national 
or PCT international filing date of this application: 



(Application Number) Filing Date (Status patented, 

pending, abandoned) 



(Application Number) Filing Date (Status patented, 

pending, abandoned) 

I hereby appoint the persons listed on Appendix A hereto (which is incorporated by reference and a 
part of this document) as my respective patent attorneys and patent agents, with full power of 
substitution and revocation, to prosecute this application and to transact all business in the Patent 
and Trademark Office connected herewith. 

Send correspondence to , BLAKELY, SOKOLOFF, TAYLOR & 

(Name of Attorney or Agent) 
ZAFMAN LLP, 12400 Wilshire Boulevard 7th Floor, Los Angeles, California 90025 and direct 

telephone calls to , (408) 720-8300. 

(Name of Attorney or Agent) 
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I hereby declare that all statements made herein of my own knowledge are true and that all 
statements made on information and belief are believed to be true; and further that these 
statements were made with the knowledge that willful false statements and the like so made 
are punishable by fine or imprisonment, or both, under Section 1001 of Title 18 of the United 
States Code and that such willful false statements may jeopardize the validity of the 
application or any patent issued thereon. 



Full Name of Sole/First Inventor Robert A. Orban 




Residence Belmont, California Citizenship U.S.A. 



(City, State) (Country) 

Post Office Address 2413 Lincoln Avenue 

Belmont, California 94002-1423 

Full Name of Second/Joint Inventor 



Inventor's Signature Date . 

Residence Citizenship . 



(City, State) (Country) 
Post Office Address 



Full Name of Third/Joint Inventor 



Inventor's Signature Date 

Residence Citizenship . 



(City, State) (Country) 
Post Office Address 



Full Name of Fourth/Joint Inventor. 



Inventor's Signature Date 

Residence _ Citizenship . 



(City, State) (Country) 
Post Office Address 
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Full Name of Fifth/Joint Inventor 



Inventor's Signature Date . 

Residence Citizenship 



(City, State) (Country) 
Post Office Address 

Full Name of Sixth/Joint Inventor 



Inventor's Signature Date . 

Residence Citizenship . 



(City, State) (Country) 
Post Office Address 

Full Name of Seventh/Joint Inventor 



Inventor's Signature Date . 

Residence Citizenship 



(City, State) (Country) 
Post Office Address 
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APPENDIX A 



William E. Alford, Reg. No. 37,764; Farzad E. Amini, Reg. No. P42,261 ; Aloysius T. C. AuYeung, Reg. No. 
35,432; William Thomas Babbitt, Reg. No. 39,591; Carol F. Barry, Reg. No. 41,600; Jordan Michael 
Becker, Reg. No. 39,602; Bradley J. Bereznak, Reg. No. 33,474; Michael A. Bernadicou, Reg. No. 35,934; 
Roger W. Blakely, Jr., Reg. No. 25,831; Gregory D. Caldwell, Reg. No. 39,926; Ronald C. Card, Reg. No. 
44,587; Andrew C. Chen, Reg. No. 43,544; Thomas M. Coester, Reg. No. 39,637; Alin Corie, Reg. No. 
P46,244; Dennis M. deGuzman, Reg. No. 41 ,702; Stephen M. De Klerk, under 37 C.F.R. § 10.9(b); 
Michael Anthony DeSanctis, Reg. No. 39,957; Daniel M. De Vos, Reg. No. 37,813; Robert Andrew Diehl, 
Reg. No. 40,992; Sanjeet Dutta, Reg. No. P46,145; Matthew C. Fagan, Reg. No. 37,542; Tarek N. Fahmi, 
Reg. No. 41,402; Paramita Ghosh, Reg. No. 42,806; James Y. Go, Reg. No. 40,621; James A. Henry, 
Reg. No. 41,064; Willmore F. Holbrow III, Reg. No. P41,845; Sheryl Sue Holioway, Reg. No. 37,850; 
George W Hoover II, Reg. No. 32,992; Eric S. Hyman, Reg. No. 30,139; William W. Kidd, Reg. No. 
31 ,772; Sang Hui Kim, Reg. No. 40,450; Eric T. King, Reg. No. 44,188; Erica W. Kuo, Reg. No. 42,775; 
Kurt P. Leyendecker, Reg. No. 42,799; Michael J. Mallie, Reg. No. 36,591; Andre L Marais, under 37 
C.F.R. § 10.9(b); Paul A. Mendonsa, Reg. No. 42,879; Darren J. Milliken, Reg. 42,004; Lisa A. Norris, 
Reg. No. 44,976; Chun M. Ng, Reg. No. 36,878; Thien T. Nguyen, Reg. No. 43,835; Thinh V. Nguyen, 
Reg. No. 42,034; Dennis A. Nicholls, Reg. No. 42,036; Daniel E. Ovanezian, Reg. No. 41,236; Marina 
Portnova, Reg. No. P45,750; Babak Redjaian, Reg. No. 42,096; William F. Ryann, Reg. 44,313; James 
H. Salter, Reg. No. 35,668; William W. Schaal, Reg. No. 39,018; James C. Scheller, Reg. No. 31,195; 
Jeffrey Sam Smith, Reg. No. 39,377; Maria McCormack Sobrino, Reg. No. 31,639; Stanley W. Sokoloff, 
Reg. No. 25,128; Judith A. Szepesi, Reg. No. 39,393; Vincent P. Tassinari, Reg. No. 42,179; Edwin H. 
Taylor, Reg. No. 25,129; John F. Travis, Reg. No. 43,203; George G. C. Tseng, Reg. No. 41,355; Joseph 
A. Twarowski, Reg. No. 42,191; Lester J. Vincent, Reg. No. 31,460; Glenn E. Von Tersch, Reg. No. 
41,364; John Patrick Ward, Reg. No. 40,216; Mark L. Watson, Reg. No. P46,322; Thomas C. Webster, 
Reg. No. P46,154; Charles T. J. Weigell, Reg. No. 43,398; Kirk D. Williams, Reg. No. 42,229; James M. 
Wu, Reg. No. 45,241 ; Steven D. Yates, Reg. No. 42,242; and Norman Zafman, Reg. No. 26,250; my 
patent attorneys, and Justin M. Dillon, Reg. No. 42,486; my patent agent, of BLAKELY, SOKOLOFF, 
TAYLOR & ZAFMAN LLP, with offices located at 12400 Wilshire Boulevard, 7th Floor, Los Angeles, 
California 90025, telephone (310) 207-3800, and James R. Thein, Reg. No. 31 ,710, my patent attorney. 
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APPENDIX B 



Title 37, Code of Federal Regulations, Section 1 .56 
Duty to Disclose Information Material to Patentability 

(a) A patent by its very nature is affected with a public interest. The public interest is best served, 
and the most effective patent examination occurs when, at the time an application is being examined, the 
Office is aware of and evaluates the teachings of all information material to patentability. Each individual 
associated with the filing and prosecution of a patent application has a duty of candor and good faith in 
dealing with the Office, which includes a duty to disclose to the Office all information known to that individual 
to be material to patentability as defined in this section. The duty to disclosure information exists with respect 
to each pending claim until the claim is cancelled or withdrawn from consideration, or the application becomes 
abandoned. Information material to the patentability of a claim that is cancelled or withdrawn from 
consideration need not be submitted if the information is not material to the patentability of any claim 
remaining under consideration in the application. There is no duty to submit information which is not material 
to the patentability of any existing claim. The duty to disclosure all information known to be material to 
patentability is deemed to be satisfied if all information known to be material to patentability of any claim 
issued in a patent was cited by the Office or submitted to the Office in the manner prescribed by §§1 .97(b)-(d) 
and 1 .98. However, no patent will be granted on an application in connection with which fraud on the Office 
was practiced or attempted or the duty of disclosure was violated through bad faith or intentional misconduct. 
The Office encourages applicants to carefully examine: 

(1) Prior art cited in search reports of a foreign patent office in a counterpart application, and 

(2) The closest information over which individuals associated with the filing or prosecution of a 
patent application believe any pending claim patentably defines, to make sure that any material information 
contained therein is disclosed to the Office. 

(b) Under this section, information is material to patentability when it is not cumulative to 
information already of record or being made or record in the application, and 

(1) It establishes, by itself or in combination with other information, a prima facie case of 
unpatentability of a claim; or 

(2) It refutes, or is inconsistent with, a position the applicant takes in: 

(i) Opposing an argument of unpatentability relied on by the Office, or 

(ii) Asserting an argument of patentability. 

A prima facie case of unpatentability is established when the information compels a conclusion that a claim is 
unpatentable under the preponderance of evidence, burden-of-proof standard, giving each term in the claim 
its broadest reasonable construction consistent with the specification, and before any consideration is given to 
evidence which may be submitted in an attempt to establish a contrary conclusion of patentability. 

(c) Individuals associated with the filing or prosecution of a patent application within the 
meaning of this section are: 

(1 ) Each inventor named in the application; 

(2) Each attorney or agent who prepares or prosecutes the application; and 

(3) Every other person who is substantively involved in the preparation or prosecution of the 
application and who is associated with the inventor, with the assignee or with anyone to whom there is an 
obligation to assign the application. 

(d) Individuals other than the attorney, agent or inventor may comply with this section by 
disclosing information to the attorney, agent, or inventor. 
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